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Get the edge in military applications for 
primary batteries. 


Make Duracell part of your design and engineering 
team. Duracell’s experts can provide a detailed 
comparison analysis of the characteristics of lithium 
sulfur dioxide, lithium manganese dioxide, alkaline 
manganese dioxide, mercuric oxide, silver oxide, and 
zinc air batteries. And they can assist you in making the 
best, most cost-effective choice for any application. 
Recognized around the world as the pioneer in 


primary battery power, Duracell was first with mercury 
cells ... pioneered alkaline manganese development ... 
and today, high energy, lightweight DURACELL® 
Lithium Batteries represent the state-of-the-art in prima- 
ry power for military applications. 

+ For all of your standard and custom battery needs, 
give yourself the edge with Duracell — the world leader 


in primary battery advances for more than four decades. 


For more information or a consultation, call or write 
today. Duracell Inc., Berkshire Industrial Park, Bethel, 
CT 06801. Phone 1-800-431-2545: telex 697-2165. 


DURACELL INC. 


Government Sales & Marketing Group 
CIRCLE NO 144 


i ca et mai ha 


cas 


atsonenenres: eee tw 


Designer’s Guide to: 
Linear control-system theory—Part 1 


Apply control-system 
theory to analyze 
closed-loop systems 


Dynamic signal analyzers (DSAs), which analyze 
signals in both the time and frequency domains, aid 
you in taking control-system measurements and in 
performing other steps in system development, such 
as analysis, modeling, and design. Part 1 of this 
3-part article presents an overview of classical linear 
control theory. Part 2 will examine both old and new 
methods of taking the actual measurements, and part 
3 will explore the expanded role of DSAs in the con- 
trol-system design process. + 


Steve Asbjornsen and Owen Brown, 
Hewlett-Packard Co 

Control-system development is largely a study of the 
operating characteristics of devices and the ways in 
which the devices interact when combined in a system. 
You can apply linear control-system theory to analyze 
any system that uses deliberate guidance or manipula- 
tion to achieve a specific value for some variable, 
whether it’s electrical, mechanical, or biological. These 
systems can range from configurations as simple as 
Watt’s flyball governor to networks whose analysis 
requires calculations that only a computer can handle 
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adequately. Examples of familiar control systems in- 
clude motor-speed controls, pacemakers, voltage regu- 
lators, switching power supplies, and phase-locked 
loops. shitee SR RR RARE POT 

The most fundamental distinction in control theory is 
the classification of systems. Without exception, sys- 
tems fall into two categories: open-loop and closed-loop 
systems. Open-loop control systems (Fig 1a) are ones 
that use a controller that has no feedback from the 
output. These systems can’t take corrective action to 
alleviate undesired changes in the output. Closed-loop 
systems (Fig 1b) are ones whose output is fed back and 
compared with the input in such a way as to maintain 
the desired output. This series of articles will consider 
only closed-loop systems. 

You can represent any closed-loop system with the 
standardized diagram shown in Fig 1b. In the diagram, 
the output C (the directly controlled variable) feeds 
back through a functional block with transfer function 
H and is compared with reference signal R at a sum- 
ming junction. The difference between R and the 
feedback signal (B) is the error, or actuating signal (E). 
The reaction of the components represented by G in 
response to error signal E maintains the output at the 
desired level. 

If controlled variable C is fed back to the summing 
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An understanding of classical measurement 
methods for control systems aids you in 
using dynamic signal analyzers for design, 
modeling, analysis, and test. 


Fig 1—The two basic configurations for a system are the open-loop 
(a) and closed4oop (6) configurations. In an open-loop system, 
variations in the output go undetected; in a closed-loop configura- 
tion, feedback from the output maintains the desired output charac- 
teristics. 


junction without any modification, transfer function H 
will equal one. A system in which H is 1—called a 
unity-feedback control system—is the easiest type of 
system for designers to analyze. These block diagrams 
will help you model a system. To evaluate the system’s 
performance, however, you'll need criteria by which to 
judge it. 

You need to know, for example, how quickly the 
system achieves the desired output level and whether 
the system can maintain that level with little or no 
variation. Control-system designers’ need for this basic 
information led to the first serious study of negative- 
feedback control systems and ultimately to the develop- 
ment of classical linear control theory. 

The first attempts to analyze systems, which were 
speed regulators on steam engines, took place in the 
19th century and involved the use of differential equa- 
tions. To make the equations as easy as possible to 

solve, engineers selected a small group of standard 
’ inputs that were easy to express mathematically. Chief 
among these inputs was the step forcing function. Not 
only was this function simple to express, but it was easy 
to implement physically, so it permitted the engineer to 
compare analytical results with measured results. 

By using information derived from this step-response 
technique, you can measure both the speed with which 
a system reacts to a change in input (rise time) and the 
degree to which the system temporarily exceeds the 
desired output level (maximum overshoot). The infor- 
mation also indicates settling time, which is the time it 
takes for a system to reach a new output level within a 
given error band (Fig 2). 
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‘MAXIMUM VALUE OF TRANSIENT DEVIATION 
Piniestes 


SYSTEM DEVIATION 
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‘CONTROLLED 
wath be VARIABLE 


Fig 2—This output waveform, a typical response of a system to a 
step forcing function, can help you evaluate the stability of the 
system. The overshoot and ringing ure good indicators of the system's 
stability. Settling time to within a given error band is an important 
parameter for linear amplifiers and D/A converters. 


A system’s settling-time spec indicates the relative 
stability of that system. For example, a system that 
oscillates around the steady-state value for long periods 
of time is considered to be less stable than a system 
whose oscillations die out relatively quickly. A system 
whose response oscillates indefinitely at either a con- 
stant or an increasing amplitude after the system has 
been excited by a step input is considered to be unstable 
(Fig 3). : 

Although measuring time-domain responses allowed 
engineers to verify system models and obtain useful, 
easily extracted performance information, this method 
provided few clues to how they could improve a sys- 
tem’s performance. Further, as systems became more 
complex, the solution of the integrodifferential equa- 
tions used to model them grew correspondingly diffi- 
cult. Solving these equations became somewhat easier 
in 1899, however, when Oliver Heaviside introduced 
partial-fraction expansion techniques. Heaviside’s dis- 
covery made it possible to use Laplace transforms to 
simplify the solution of large differential equations. 


The Laplace transform 


The Laplace transform is the integral of the product 
of the variables f(t) and e~*. The variable s is complex; 
it has a real component (c) and an imaginary component 
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: _ (jw). The transformation of a system's transfer function 


results in a ratio of polynomial expressions in s. In this 
format, many of the time domain’s complex calculations 
become simple algebra problems. 

Of particular interest to engineers are values of s 
that would cause either the ratio’s numerator or denom- 
inator to equal zero. Values that set the numerator to 
zero force the function represented by the ratio to equal 
zero in the Laplace domain. These values of s are called 
zeros. Values of s that cause the denominator to equal 
zero force the function represented by the ratio to equal 
infinity inthe Laplace domain. These values are called 
poles. Poles are of special significance: When you trans- 
form a function back into the time domain to predict the 
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Fig 3—A system’s settling characteristic in response to a step- 
function input shows how stable the system is. The more ringing 
there is around the waveform’s final value, the less stable the system 
is. In an unstable system, the ringing never stops, but instead builds 
up to oscillation. 

system’s response, the real part of the pole determines 
the exponents of the response. If an imaginary part of 
the pole exists, it becomes a frequency component of at 
least one term of the response. 

In addition, you can use the real part of the poles to 
determine the system’s stability without having to 
transform the calculations back into the time domain. 
Poles with positive real values indicate positive expo- 
nents in the time domain; therefore, they indicate 
instability of the control loop. ‘ 

These Laplace-transform methods were sufficient to 
solve control-system problems until the early part of 
the 20th century. With the development of the vacuum 
tube and large electronic systems, however, the compu- 
tational aid of the Laplace transform became inade- 
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LOOP EQUATIONS: 
C=EG 
E=R-B 


C=EG 
C=GR-GB 

c= = 
C(1+GH)=GR 
C/R=G/(1+GH)=" 


pray erates Oe ay - 


Fig 4—Simple multiplication, addition, and subtraction yield the 
ene ee for a closed-loop control system. The model applies 
equally well to locomotives and operational amplifiers. 


quate for system evaluation. In particular, Harold s 
Black’s use of negative feedback in electronic-amplifier 
design in the late 1920s spurred engineers to look for 
more powerful analytical tools. 


From Laplace to Nyquist 

In the early 1930s, Harry Nyquist discovered that 
the solution to the problem of analyzing complex sys- 
tems lay in the frequency domain. His analysis was 
built upon the extension of several familiar concepts. 
By expressing the elements of the control loop as 
transfer functions (ie, the Laplace transform of the 
output divided by the Laplace transform of the input), 
simple algebra could provide an expression for the 
input/output relationship of a system. $ 

By using the block diagram in Fig 1 and letting C, E, 
R, and B represent the mae a. Soe 
signals appearing at the lette points in s " 
i. hate the input/output relationship of a 
closed-loop system as C/R=G/(1+GH) (Fig 4). This 
expression is known as the closed-loop transfer fune- 
tion. Reduced to its simplest form, the expression 1s 
itself a ratio of polynomials in s. : : 

From previous work in the Laplace domain, engi- 
neers already knew that the poles of this closed-loop 
transfer function would determine the stability of the 
system. If you look for the closed-loop poles (ie, values 
of s that force 1+GH to zero), you see that the GH term 
contains all the information regarding the poles’ where- 
abouts (see box, “Polynomials within polynomials”). 
Therefore, the key to determining the stability of a 
system is knowing whether any of the values of s that 
make GH equal —1 (ie, the closed-loop poles) have 
positive real parts. 
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Polynomials within polynomials _ 


The terms G(s) and H(s) in the -_ H(s), respectively. If you refor-- 


transfer function for a closed- 
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mulate the closed-loop transfer. —-transfer function in this manner 


loop system are themselves gen-_ function in terms of the numera- . to illustrate that the term 
_ erally ratios of polynomials in s. _-- tor and denominator of G(s) and > 1+GH(s) itself has poles and 
You can thus define the terms by ___H(s), you obtain the following 
jo. expression; ©} sa! ‘ 
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» dicate the numerator and de- 


If you could measure GH at each value of s you could 
simply determine when GH equals —1 and record those 
values of s. Unfortunately, the only values of GH you 
can physically measure are those values of s for which 
the real part equals 0—ie, GH(0+jw), which is common- 
ly expressed as GH(jw), All other values of s simply 
provide an analytical model for understanding how a 
system’s components will affect its time- and frequen- 
cy-domain responses. Evaluating GH(jw) provides the 
input/output relationship of the device, typically in the 
form of gain and phase shift as a function of frequency. 
GH(jw), therefore, is called a frequency response, and 
it represents the frequency-domain characteristics of 
the system. wu a 
Nyquist’s stability criterion — > Z 

Using only the information from evaluating GH(jo), 
Nyquist had to determine whether there were any 
values of s (having positive real parts) that satisfied the 
equation GH(s)=—1. Of course, if GH(jw)=—1 at some 
frequency o, then it’s clear that a closed-loop pole 
exists at s=(0+jw;). But determining whether there 
were other closed-loop poles having positive real parts 
was not easy. 

Nyquist’s contribution lay in his discovery of a tech- 
nique in which the closed-loop system’s measured open- 
loop frequency response could be used to determine the 
existence of any closed-loop poles with positive real 
parts. The mathematical proof behind Nyquist’s stabili- 
ty criterion is not intuitively obvious. However, the 
graphical representation of this discovery, known as a 
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~*~» term determine the poles of the — 
-. closed-loop transfer function. ~~ 
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Nyquist diagram, is simple to use, and it was soon 
adopted by the engineering community. 

In a Nyquist diagram, you plot a system’s open-loop 
frequency response on a graph whose coordinates rep- 
resent real and imaginary components. To derive this 
trace, you measure device response at a number of 
different frequencies. To complete the Nyquist dia- 
gram, you also plot the complex conjugate of the 


response on the same graph, typically using dashed 


lines (Fig 5a). \ Ht 
\ Nyquist’s criterion states that if you affix the tail of a 
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analysis of a system, is a plot of the system’s open-loop frequency 
response and its complex conjugate. To determine the number of 
closed-loop poles with positive real parts, count the number of net 
rotations of vector V; in b. 
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vector to the point representing —1+0, allow the head 
of the vector to trace the entire path created by the 
open-loop frequency response and its complex conju- 
gate, and then count the net revolutions (N) of that 
vector, you can determine whether the system has any 
closed-loop poles with positive real parts (Fig 5b). 

The stability criterion actually determines the differ- 
ence (N) between the number of zeros (Z) and the 
number of poles (P) of the term 1+GH(s), using the 
equation N=Z-—P. In systems for which P=0 (which is 
often the case), N=Z, which is the number of poles that 
have positive real parts in the closed-loop transfer 
function. — . g 

The most important aspect of Nyquist’s criterion is 
its usefulness. This tool provides engineers with a way 
to determine the stability of a control loop by simply 
measuring the open-loop frequency response. No rigor- 
ous mathematical analysis is necessary. Further, Ny- 
quist’s criterion allows you to determine the stability of 
a control loop before closing the loop, thus avoiding 
possible damage to your system from reactions caused 
by instability. 


The unity-feedback case 


- For systems with unity feedback (H(s)=1), the Ny- - 


quist diagram (Fig 6) provides a technique for directly 
calculating the closed-loop frequency response, 


GGjw)/1+GGw)], from its measured open-loop frequen- | 


cy response G(jw). In this case, two vectors are project- 


Fig 6—To evaluate unity-feedback closed-loop frequency response 


| data, you use vector algebra with a Nyquist diagram. 
ag i WY, is the outputlinput response of the closed-loop system 
at any frequency. 
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Closed-loop systems compare input signals 
with feedback signals in such a way as to 
maintain a precisely controlled outputlinput 
relationship. 


ed—one from point —1+j0 (V,) and the other from the 
origin (V.)—to extend to the curve G(jw). 

V, thus represents the term 1+G(jw), and V; repre- 
sents G(jw). The vectors’ heads are placed on the 
open-loop frequency response. You can’ use simple vec- 


_ tor algebra (V2/V}) to calculate the input/output rela- . ... 


tionship of the closed-loop system at the corresponding 
frequency. ; 

As an alternative to calculating the ratio of the 
vectors at many frequencies, graphical tools called 
magnitude contours and phase contours were devel- 


Fig 7—Loci of constant transfer-function magnitude, or magnitude 
Pin (a), form a family of circles. By plotting an open-loop 
transfer function against the contours (b), you can identify the gain 
of the closed-loop function by its intersection with the loci. 
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Mathematical techniques by Laplace and 
Heaviside, and graphical-analysis methods 
by Nyquist, Bode, and Nichols aid you in 
predicting closed-loop system response. 


Dynamic signal analyzers 
Dynamic signal analyzers 
(DSAs) are low-frequency ana- 
lyzers that sample signals ap- 
plied to their inputs and then © 
use Fourier transforms to ana- 
_lyze the signals in both the time 
and frequency domains. Useful 
to engineers who take mechani- 
cal, acoustic, and audio-electron- 
ics measurements, these analyz- 
ers record waveforms and take _ 
high-speed, single-channel fre- 
quency-spectrum and 2-channel 
prequeney. response measure- 
ments. “ 
_. Because terre Mecautly ac- 
"quired an array of advanced — ~ 
| measurement and analysis func-~ 
_ tions that are directly applicable — 
to control-system measurements, 
DSAs are replacing frequency- 
response analyzers in measure- 


oped. A magnitude contour (Fig 7a) is a locus of points 
on the Nyquist diagram for which the ratio V./V; has 
the same magnitude. When you plot loci for several 
values of magnitude, the loci form a family of circles. 
When you plot the open-loop transfer function against 
these contours, you can identify the gain of the closed- 
loop transfer function by its intersection with or prox- 
imity to a given magnitude contour (Fig 7b). You can 
draw similar loci, called phase contours, for positions of 
constant phase, and you can use them the same way you 
use magnitude contours. 


Gain, phase margins 

The basic Nyquist diagram generated several other 
graphical measurement aids. Eight years after Nyquist 
published his techniques, Hendrik Bode wrote a paper 
in which he observed that systems should be designed 
to be absolutely stable, one of two possible states for a 
stable system. An absolutely stable system is one that 
has some unique value of frequency-independent gain 
(K,), below which the system will always be stable, and 
above which the system will always be unstable. 

Alternatively, a conditionally stable system is one 
with a gain (K:) above which the system will generally 
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_ Fig A—In a typical product- or system-development cycle, these five processes all ~ 
~ play crucial roles. A dynamic signal analyzer (DSA) expands the traditional role of 
test instruments from the analyzing and testing functions to include significant 

‘ acinar haemo Pe 2 sneme 


‘ment and performance meal yale Pictstions (Fig A). These capabii ts 

- However, DSAs are no longer © 

simply measurement instru- 

_ ments; they have new analytical 
capabilities that, in many re- 

‘ spects, equal those of work- — 


_ ties allow designers who use 

«DSAs to measure a device under » 
test and to model, revise, and ~~ 
. perfect the response of the as- ~ 
yet-unbuilt system. |” FES abe 


become unstable. In a conditionally stable system, 
there is also a band of gains greater than K, where the 
system becomes stable again. However, operating in 
this higher band requires careful control of gain levels; 
for this reason, Bode and others considered operating 
in this band undesirable. 

In an absolutely stable system, the open-loop fre- 
quency response should cross the negative real axis 
only between 0 and the —1 point. Bode’s observations 
simplified stability evaluations even further by elimi- 
nating the need to plot the frequency response’s com- 
plex conjugate. 

Bode also observed that, as the plot of the open-loop 
frequency response approaches the value of —1, the 
real part of a closed-loop pole approaches the value of 0. 
A system with such a response has longer settling times 
and, in general, less stability. Therefore, Bode estab- 
lished phase-margin and gain-margin parameters to 
provide a quantifiable measure of the proximity of the 
open-loop frequency response to this —1 point. 

Bode viewed the Nyquist diagram as a polar plot in 
which gain is the distance from the origin and phase is 
measured as an angle with 0° as the positive real axis. 
The gain margin is the additional gain required to 
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ULA. The shortest route 
~tocustomLSl. 


Custom LSI provides the ultimate benefits in economics, performance and design 
sect 
ae route to custom LSI can be rather like trying to find the way through a maze. 
The ULA cuts straight across this maze and is the shortest route to custom LSI. 
Ferranti ULA technology combines: 
Clover a decade's experience with integrations in every major market sector. 
Ca product range second to none satisfying virtually all combinations of digital, 
linear, speed, complexity and I/O content at minimum power levels. 
Othe Ferranti Silicon Design System, the CAD facility covering the complete 
design cycle from system concept to silicon hardware. _ . 
In short, the ULA provides the economic, performance and security benefits 
of full custom LSI but in timescales and with ‘development costs normally 
associated with gate arrays. 
Take the shortest route to custom LSI, the Ferranti ULA. 
For further information, contact 
IC Marketing, Ferranti Electronics Limited, Fields New Road, Chadderton, Oldham 
OL9 8NP, England. Telephone: 061 624 0515 Telex: 668038. 
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Easy to implement in a test system, the step 
forcing function reveals a wealth of infor- 
mation about a system’s speed, stability, 
and settling time. 


NOTES: 1 
GAIN MARGIN = — : 
PHASE eee = tbe” or a 
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ed 8—Measuring gain and phase margin with a Nyquist diagram 
is easy. The gain margin is the additional gain needed to achieve 

unity gain at 180° phase shift, and the phase margin is the additional 

phase shift needed to achieve 180° at the unity-gain frequency. 


achieve unity gain at the frequency where the phase of _ 


the open-loop frequency response equals 180° .as it 
crosses the negative real axis (Fig 8). Simply stated, 
the gain margin is the additional gain required to place 
a closed-loop pole on the jw axis (GHGw)=—1) and 
produce instability. 

Gain margin alone is not sufficient for you to deter- 
mine how close GH(jw) is to the —1 point and, there- 
fore, how close a closed-loop pole is to the jw axis, as 
Fig 8 shows. You also need to use phase margin, which 
is the additional phase shift required to achieve 180° of 

‘phase shift at the highest frequency at which the 

‘ open-loop gain is unity. Typical target values are a gain 
margin of not less than two (6 dB) and a phase margin of 
not less than 30°. 

The Nyquist diagram is a powerful tool for analyzing 
all types of systems, but it is not without shortcomings. 
Its primary limitation is that it lacks a convenient 


graphical technique that you can use to predict how . 


changes in the system will affect the open-loop frequen- 
cy response. Any time the system is changed, you must 
remeasure the response or recalculate it from your 
system’s model. Bode developed a diagram that allevi- 
ates this problem. 

The Bode diagram (Fig 9) is also a plot of the 
open-loop frequency response, except that Bode 
treated gain and phase separately, plotting each as a 
function of frequency (w). This technique has several 
advantages for the designer who must evaluate sys- 
tems while developing them. 

By expressing gain in logarithmic units (dB) and 
phase in degrees, the Bode diagram allows you to 
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bandwidth. —| 
The open-loop bandwidth is defined here as the frequency at which the ©) 


system has unity gain. 


combine new data with already established measure- 
ments through simple addition. The resulting trace is 


_ equivalent to the frequency response you would obtain 


by connecting the actual devices in cascade and physi- 
cally measuring the composite. 

Because of certain techniques that Bode developed, 
engineers could sketch an approximation of a device’s 
frequency response from its transfer function—ie, they 


-could evaluate GH(jw) over a range of frequencies from 
the equation for GH(s)—in a Bode diagram without | 


taking the physical measurements. Designers could 


-also perform the opposite function, that of approximat- 


ing a transfer function from a measured response. For 
the first time, engineers could link a system’s model to 
measured data without having to resort to extremely 
laborious calculations. 

Bode plots like the ones in Fig 9 let you measure a 
system’s gain and phase margins. A third performance 


parameter, the open-loop bandwidth, is also easy to — 
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ANALOG IS ALIVE 
AND WELL IN: 


A Designer’s Guide to 


Innovative Linear Circuits 


As exciting as digital technology i is, 
you still need analog circuitry to 
operate on signals from real-world 
sources. Now, EDN is offering a 
wealth of analog design information 
in A Designer’s Guide to Innovative 
Linear Circuits. 

This 186-page collection of articles 
was developed by Jim Williams, one 
of America’s foremost linear-circuit 
designers. It includes practical and 
efficient ways to use op amps, com- 
parators, data converters, and other 
analog ICs, and discusses the the- 
ories behind all the dsen tech- 
ppiace presented. ee 
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Graphical-analysis techniques allow you to 
use a negative-feedback system’s open-loop 
response to predict the system’s closed-loop 
response. 


measure on a Bode plot. Open-loop bandwidth indicates 
how fast a system can react to a change in input; this 
measurement is analogous to rise time in the time 
domain. Specifically, open-loop bandwidth is the span 
between 0 Hz and the frequency at which the open-loop 
response has unity gain (0 dB). The greater the open- 
loop bandwidth is, the faster the system will react. 

No graphical technique using a Bode plot exists for 
directly calculating the closed-loop frequency response 
of unity-feedback systems. Although such a technique 
(the use of magnitude and phase contours) does exist 
for the Nyquist diagram, this diagram’s linear scales 
would seldom accommodate both the range of gain 
values produced by a system and the level of detail 
about the unity-gain point required to determine 
stability.” 


PHASE CONTOURS EMANATE FROM CENTER OF CHART. 


Fig 11—Magnitude and phase contours are superimposed on a 
Nichols diagram, forming a Nichols chart. The chart allows you to 
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make a quick estimate of the closed-loop response of a unity- ae 
system. 4 
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punch response. The ainaremg Nichols chart Fig | 
11) rapidly became a standard graphical tool for quickly 
estimating the closed-loop frequency response of a | 
unity-feedback system. Unfortunately, like the Nyquis 


to combine frequency responses, nor does it provide” 
graphical tools for linking boca models and frequency . 
responses. : me 
EDN’s Career Opportunities 
section keeps you informed 
of current job openings 
from coast-to-coast 
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Fig 10—By plotting logarithmic gain against linear phase in a marketing engineer at Hewlett-Pack- 
Nichols diagram, you can calculate graphically a wnity-gain sys: ard (Everett, WA), where he’s respon- 
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The Nichols diagram, a third graphical analysis tool, a BSEE from the University of Wash- 
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Advanced dynamic signal analyzers (DSAs) give de- 
signers a wide choice of techniques for measuring a 
system’s open-loop frequency response. This article, 
part 2 of a 3-part series, considers the effect of DSAs 
on the graphical measurement techniques of linear 
control-system theory. Part 1 of the series presented 
an overview of classical linear control theory. Part 3 
will explore the expanded role of DSAs in the control- 
system design process. 


Steve Asbjornsen and Owen Brown, 
Hewlett-Packard Co 


You can use a variety of graphical techniques to analyze 
a negative-feedback, closed-loop control system (Ref 
1), Bode plots, Nichols diagrams, and Nyquist dia- 
grams are three distinct tools that allow you to deter- 
mine a system’s amplitude and phase characteristics 
(and, therefore, its stability) as functions of frequency. 
Typical test instruments make use of these tools, and a 
dynamic signal analyzer (DSA) is no exception—it 
allows you to view and plot frequency-response data in 
all three formats. 

The internal analysis functions of modern DSAs, 
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however, alter the relative usefulness of these three 
graphical techniques. Understanding these DSA func- 
tions gives you an idea of how a DSA’s computational 
power can expand your test options. 


Waveform math and Nyquist diagrams 

A DSA’s waveform-math capability, for example, 
limits the Nyquist diagram’s usefulness to providing a 
complete check of a system’s stability and a 1-trace 
representation of its frequency response. The wave- 
form-math utility is a built-in calculator that allows you 
to add, subtract, multiply, divide, or use any of the 
other operators shown in Table 1 to manipulate fre- 
quency responses, recorded waveforms, and complex 
constants. 

The Nyquist diagram lets you easily determine the 
stability of all types of systems, including absolutely 
and conditionally stable systems. You can also directly 
calculate the closed-loop frequency response of a unity- 
feedback control system. However, the diagram 
doesn’t facilitate calculation of composite frequency 
responses, and its linear scales can’t accommodate both 
adequate gain ranges and acceptable resolution around 
the unity-gain point. Reading phase margin is more 
difficult with the Nyquist diagram than with other 
diagrams, and reading the open-loop bandwidth is 
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A DSA’s built-in calculator uses waveform 
math to perform arithmetic operations and 
to manipulate frequency responses, wave- 


forms, and complex constants. 


TABLE 1—WAVEFORM-MATH 
FUNCTIONS IN A DSA 


AOD SQUARE ROOT = MULTIPLY BY ju 
SUBTRACT RECIPROCAL FFT 
MULTIPLY NEGATE INVERSE FFT 

DIVIDE DIFFERENTIATE 


T(1-T) 
REAL PART 
COMPLEX CONJUGATE 
LOG DATA 


impossible unless the frequency at which the gain 
becomes unity is recorded on the plot. Finally, you can’t 
use the Nyquist diagram to estimate the transfer 
function of a system from its measured frequency 
response, or vice versa. 

A DSA’s waveform-math utility, however, lets you 
calculate a system’s closed-loop response precisely, in 
any format, using the equation 


Cjw)/RGw)=GGjw)/{1+GGw)}. 


Using waveform math, you can calculate closed-loop 
frequency response independently of the display for- 
mat. Linear scales are not a problem when you're using 
a DSA, because the DSA’s display can easily rescale the 
data. The DSA’s marker readouts make the measure- 
ment of gain margin, phase margin, and open-loop 
bandwidth much easier. 


Bode plots 

DSAs also alter the usefulness of the Bode plot, 
which designers have traditionally favored because 
they could use it to estimate composite frequency 
responses quickly. The Bode plot’s logarithmic units 
offer a large dynamic range of gains, and the plot makes 
it easy to measure gain margin, phase margin, and 
open-loop bandwidth. Finally, unlike the Nyquist dia- 
gram, the Bode diagram lets you estimate a transfer 
function from a frequency response and vice-versa. 

The Bode plot’s major drawbacks are that you have 
to plot traces for both gain and phase, and that you can’t 
estimate the closed-loop frequency response from the 
open-loop frequency response. A DSA’s waveform- 
math utility makes it easy to calculate the closed-loop 
frequency response, however. Further, the DSA’s fre- 
quency-response-synthesis and curve-fitting functions 
automate the transition between frequency responses 
and transfer functions. 

The Bode plot is still useful in that it helps you 
intuitively understand the frequency-response/trans- 
fer-function transition. The Bode plot also helps you 
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estimate composite waveforms, and its logarithmic gain 
units provide both range and resolution. 

Although the Bode plot and Nyquist diagram are still 
useful to designers who perform system analysis on 
DSAs, Nichols diagrams are not. The Nichols dia- 
gram’s only advantage over the other diagrams is that 
it lets you calculate closed-loop frequency responses. 
Because the waveform-math capability of DSAs solves 
this problem, it renders the Nichols diagram obsolete. 


The root-locus plot 

The newest method of making control-system meas- 
urements is root-locus analysis, which was developed in 
the late 1940s and early 1950s by Walter R Evans. All 
previous methods of analysis had used open-loop fre- 
quency response solely to determine whether closed- 
loop poles with positive real parts existed. These 
methods yielded no additional information concerning 
the actual value of s for the poles. The root-locus 
technique, however, lets you examine the actual values 
of s for the closed-loop poles graphically, based on the 
known values of s for the open-loop poles and zeros. 

The root-locus diagram could not have been con- 
ceived without the development (in the late 1940s) of 
the s-plane. The s-plane is a 2-dimensional plane that 
represents all possible values of the Laplace variable s. 
The plane’s ordinate is the imaginary part (w of 
s=o+jw), and its abscissa is the real part (o of 
s=o+jw), of s (Fig 1). 


CLOSED-LOOP 
POLES? 


Fig 1—The s-plane represents all possible values of s in two 
dimensions. This plot allows you to locate the poles and zeros of a 
closed-loop transfer function and thereby determine the stability of 
the system characterized by the transfer function. 
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Each value of s, therefore, has a unique position in 
the s-plane. If you can determine the poles and zeros of 
a ratio of polynomials (such as the open- and closed-loop 
transfer functions of a control system) in s, you can plot 
the location of these poles and zeros in the s-plane. Any 
closed-loop pole that exists in the right half of the 
s-plane represents poles wjth positive real parts and 
therefore indicatés an unstable system. 

In measuring the open-loop frequency response of a 
system, you're collecting the same data you would if you 
were evaluating GH(s) for values of s that lie on the 
positive ordinate of the s-plane (s=0+jw for w=0 to 
+infinity). From the open-loop information, Nyquist— 
without using the idea of the s-plane—made the concep- 
tual leap that allowed him to determine whether there 
were any values of s with positive real parts that solved 
the equation GH(s)=—1. His observation was not an 
obvious one, to say the least. 

Consider a control loop that has been opened so that 
the open-loop frequency response (GH(jw)) is measura- 
ble. If you alter just the gain of the loop, you won’t 
affect the value of the open-loop poles and zeros. As a 
result, the open-loop transfer function can be expressed 
as GH(s)=KGH(s), where K represents a proportional 
gain constant that’s independent of s. 

Although varying K has no effect on the position of 
the open-loop poles and zeros, it can have a tremendous 
effect on the closed-loop poles. This effect becomes 
apparent if you substitute KGH(s) in the denominator 
of the closed-loop transfer function G(s)/{1+GH{(s)} and 
solve the equation for the poles. The resulting expres- 
sion is 1+KGH(s)=0. 

The closed-loop poles, therefore, are values of s that 
are solutions to the equation GH(s)=—1/K. To locate 
the closed-loop poles, you must, whenever K changes, 
find new values of s that satisfy the equation 
GH(s)=—1/K. It was this relationship—between the 
stationary poles and zeros of the open-loop transfer 
function, and the closed-loop poles that vary with pure 
gain—that provided the basis for Evans's root-locus 
technique. 


Using the root locus 

The root-locus technique plots the open-loop poles 
and zeros in the s-plane. You can obtain the open-loop 
pole and zero locations from a mathematical derivation 
of the open-loop transfer function or by using Bode’s 
techniques to extract the transfer function from a 
measured frequency response. If you plot the open-loop 
poles and zeros on the s-plane (Figs 2a and 2b), you can 
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xX | (-0.599+)2.26) 


(a) 


K=4 


x (0.494 +j2.62) 
(-9.01 +0) 


X | (-0.494-j2.62) 


NOTE: k 
GHs)=S7rotasst+058) 


Fig 2—A powerful graphical technique, the root-locus plot, allows 
you to determine the location of poles ina closed-loop system without 
actually measuring the closed-loop response. This method depicts the 
migration of poles as the system's frequency-independent gain (K) 
varies. 
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use Evans’s graphical techniques to draw a trace that 
represents the migration of the closed-loop poles (or 
root loci) as the frequency-independent gain varies 
(Figs 2c and 2d). 

The advantage of this technique lies in its ability to 
give the actual location of closed-loop poles without 
actually measuring the closed-loop response. However, 
using graphical techniques to determine the root loci 
doesn’t give you the actual value of the frequency- 
independent gain (K) at any particular point in a locus. 
You must return to the equations and calculate the 
closed-loop pole locations for several values of K until 
you discover the value of K that corresponds to some 
point on a locus. 

The root-locus technique also requires that you know 
the number and location of the open-loop poles and 
zeros before you can estimate the position of the 
closed-loop poles. The technique is, therefore, less 
flexible than the Nyquist or Bode diagrams, which let 
you predict stability, measure performance, and obtain 
design information, but allow you to measure only the 
open-loop frequency response. The root-locus method, 
however, provides you with more information during 
the initial design process, and it’s better suited to the 
design of the complex compensation networks typically 
associated with complex systems. Also, because you 
know the position of the closed-loop poles, you can 
derive the time-domain response for a given value of 
gain (K). 

Almost all linear control-system analysis, and much 
of the subsequent designs, depends on obtaining an 
accurate estimate of a system’s open-loop characteris- 
tics, either in the form of a frequency response GH(jw) 
or the closed-loop transfer function GH(s). No matter 
how these open-loop characteristics are expressed, 
designers must always perform the actual physical 
frequency-response measurements, whether to help 
construct system models or to verify them. 


Measurement techniques 


In the past, engineers had to choose between two 
types of analyzers for making low-frequency control- 
system measurements. They could choose either the 
classic frequency-response analyzers (FRA), which 
provide swept-sine measurements, or fast-Fourier- 
transform analyzers (FFTA), which can measure a 


- whole spectrum in one measurement. 


The two analyzers have different advantages and 
disadvantages. For example, although the FFTA has 
the potential for faster measurement times, it entails 
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complex set-up procedures. And although the FRA is 
familiar to engineers, who understand its swept-sine 
method of measurement, its measurement times are 
slow. However, because DSAs offer both measurement 
techniques, designers no longer have to accept the 
tradeoffs that accompany choosing an FFTA or an 
FRA. 


Frequency-response analyzers 

FRAs operate in much the same way as do hetero- 
dyne network analyzers, and they’re limited to taking 
measurements at low frequencies. They generally pos- 
sess two channels, each of which uses a discrete Fourier 
transform to emulate a single bandpass filter. The 
Fourier integration time controls the filter's bandwidth 
to values in the low microhertz range, and an inte- 
grated sine-wave source (Fig 3) synchronizes the fil- 
ter’s center frequency. 

A stimulus signal from the FRA drives the device 
under test. The analyzer’s two channels connect to the 
input and output of the device, and the signal each 
channel receives undergoes comparison with the stimu- 
lus signal as a function of the discrete Fourier trans- 
form. The result is a complex value containing the 
magnitude and phase (with reference to the stimulus 
signal) of the measured signal. 

The FRA then compares the two channels’ results, 
deriving the gain and phase-shift relationships between 
the two channels’ signals. This process occurs several 


FOURIER 
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Fig 3—The integration time of a Fourier transform controls filter 
bandwidth, and a sine-wave signal source sets the filter's center 
frequency. Each discrete Fourier transform emulates a single band- 


pass filter. 
cate J i 


EDN April 17, 1986 


times between the start and stop frequencies being 
analyzed, thereby producing a series of discrete gain 
and phase values. When you connect these points 
graphically, you obtain the gain and phase curves of the 
frequency response. Note that this measurement pro- 
cess has two implementations, and the difference be- 
tween them can be important to the designer who uses 
computer-aided analysis. 

The primary distinction between the two implemen- 
tations lies in the sources. An FRA whose source 
sweeps continuously can integrate the signal while the 
source is actually sweeping. Each integration period, 


| -therefore, covers a small part of the total measurement 


span. The result of that integration is then available at 
the end of each integration period. 

This continuous-sweep technique creates a potential 
ambiguity between the phase and magnitude values for 
the displayed frequency, and the exact frequency at 
which they occurred. The ambiguity becomes especially 
serious when the integration period covers large fre- 
quency spans. Because the integration period is typical- 
ly fixed, you can generally minimize this problem by 
reducing the sweep speed—and therefore the frequen- 
cy span covered—during integration. The ambiguity 
won't interfere with graphical analysis, but it can 
create difficulties in computer analysis. 


Sweep-and-dwell sources 

The alternative to the continuous-sweep implementa- 
tion is a sweep-and-dwell sine-wave source. In this type 
of analyzer, the sine-wave source dwells at a discrete 
frequency during the integration process and then 
performs a phase-continuous sweep to the next analysis 
frequency. 

Because a sweep-and-dwell analysis occurs at a dis- 
crete frequency, the phase and gain analyses apply only 
for the frequency point at which the measurement was 
made; therefore, no ambiguity exists. DSAs incorpo- 
rate this sweep-and-dwell form of swept-sine analysis, 
which optimizes the accuracy of their integrated com- 
puter-aided-analysis functions. 

One possible drawback to the sweep-and-dwell tech- 
nique is that the analyzer might miss valuable informa- 
tion between measurement points. However, by simply 
decreasing the sweep rate of these analyzers, you 
increase the number of measurement points between 
the start and stop frequencies and provide better 
resolution. 

Newer analyzers offer an autoresolution function 
that monitors the gain and phase shift between mea- 
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A root-locus diagram allows you to examine 
the values of s for a system’s closed-loop 
poles, based on the known values of s for the 
open-loop poles and zeros. 


surement points and automatically adjusts the resolu- 
tion (ie, sweep rate) during the sweep, thereby pre- 
venting the loss of valuable data. This function can also 
minimize total sweep time by increasing the sweep rate 
in portions of the frequency response that are relatively 
flat in both gain and phase. 


FFT analyzers 

Fast-Fourier-transform analyzers (FFTAs) are simi- 
lar to FRAs in that they use a type of Fourier transform 
to achieve narrow analysis bandwidths. Their method 
of signal’ generation and use of two channels to compare 
a device's input and output are also the same as those of 
the FRAs. However, instead of emulating a single 
bandpass filter and tracking it over the spectrum of 
interest, FFTAs emulate hundreds of bandpass filters 
(Fig 4) and provide complete coverage of an entire 
spectrum in one integration period. FFTAs can usually 
perform measurements much more quickly than can 
FRAs. 

In addition to the increased number of analysis 
bands, the FFT process can also use a wide range of 


Fig 4—FFT analyzers emulate hundreds of bandpass filters. One 
integration period, therefore, provides complete coverage of an entire 
spectrum. The FFTA can use a wide variety of stimulus signals, 
including random noise. 


stimulus signals. They typically use stimulus signals 
(such as random noise) that provide energy over the 
entire analysis span, thus taking full advantage of the 
analysis power. 

FFTAs and FRAs use different methods to reduce 
measurement noise. If you don’t know what the differ- 
ences in the methods are and how they affect the 
measurement process, you can very easily misuse an 
FFT analyzer. Designers lacking this information have 
sometimes concluded—mistakenly—that FFT analyz- 
ers can’t make control-system measurements. ‘ 

Although the term “swept-sine analysis” describes 
the FRA’s stimulus signal, it doesn’t describe the 


Lal 


The sweep-and-dwell sine-wave stimulus is 
better than any other type of stimulus for 
measuring noisy systems. 


FRA’s unique analysis process comprehensively (heter- 
odyne analyzers also use a swept-sine stimulus). The 
term “swept Fourier analysis” (SFA) describes the 
FRA’s measurement process more specifically. The 
differences between FFT and SFA measurement pro- 
cesses lie mainly in their stimulus signal, single- versus 
multiple-band analysis, and noise-reduction techniques. 


Stimulus signals in SFAs and FFTs 

The SFA measurement process uses a swept-sine- 
wave stimulus, and the FFT process uses stimuli that 
produce energy at all the analysis frequencies within a 
single integration period. When you're measuring ex- 
tremely noisy systems, the type of stimulus itself can 
have a profound effect upon the measurement. 

The sweep-and-dwell sine-wave stimulus is better 
than any other type of stimulus for measuring noisy 
systems, because the power of the stimulus is concen- 
trated at one discrete frequency. This concentrated- 
power approach automatically provides the best possi- 
ble signal-to-noise ratio without any signal processing. 
A random-noise stimulus, on the other hand, must 
distribute its energy over a wider bandwidth, provid- 
ing less power at any one discrete frequency than would 
a dwelling sine wave (ie, its power spectral density is 
much lower than a sinusoid’s) (Fig 5). 

A random-noise stimulus also has advantages, how- 
ever. One of the key strengths of this type of stimulus is 
that it provides a linear estimate of the operation of a 
nonlinear system. For example, many systems experi- 
ence changes in their frequency response relative to the 
drive level or relative to the direction of a sine-wave 
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Fig 5—Power-spectrum density for a random-noise signal is much 
lower than that for a sine wave, as this plot shows. The random-noise 
signal distributes its energy over a much wider bandwidth than does 


a sine wave. 
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sweep. Random noise, which has no sweep direction 
and has random amplitudes at all frequency compo- 
nents, provides an average of the drive-level and 
sweep-direction effects, so it usually provides a good 
approximation of a system's operation. 


In situations in which initial measurements indicate 


that the energy level of the random-noise stimulus is 
too low, you can improve the relative power spectral 
density of the stimulus by reducing the frequency span 
of the measurement (if the analyzer uses a band-limited 
random-noise source). However, to cover the original 
frequency span of interest, you must take more 
measurements. 


Single- vs multiple-band analysis 

The SFA’s single-filter measurement process is slow- 
er than the FFT process, which provides hundreds of 
filters. However, the use of a single filter does have its 
advantages. If you use a single filter, you can make all 
the signals produced by distortion products (such as 
harmonic distortion and intermodulation distortion) lie 
outside the analysis bandwidth of a single filter, thus 
removing the products from the measurement. 

By increasing the Fourier integration time, you can 
always reduce the filter’s bandwidth to exclude distor- 
tion products (Fig 6). The only time you can’t remove a 
disturbance signal is when a spur at a fixed frequency 
occurs at exactly the same frequency as that of the 
SFA’s stimulus. Because of its many filters, the FFT 
process can be affected by distortion products, depend- 
ing on the stimulus used. 

For example, if you use a sine-wave stimulus in a 


Fig 6—Reducing the analysis band of an SFA’s measurement 
process excludes distortion products from the measurement. The 
analysis band is inversely proportional to the Fourier integration 
time. 
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A DSA combines the advantages of classic 
frequency-response (swept-sine) analyzers 
and fast-Fourier-transform analyzers. 
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Fig 7—A sine-wave stimulus in a measurement using the FFT process can cause distortion products to appear within the filters produced 
by the transforms. The products would thus be recorded as part of the system's response. 


RESPONSE 


Fig 8—Periodic stimuli allow harmonics to maintain a constant phase relationship with desired signals. It’s impossible, therefore, to 
average these components to zero, thereby reducing the effect of the nonlinearity on a measurement. A random stimulus eliminates this 
distortion-induced problem; averaging causes the nonlinear portion of the response in each filter to dwindle to zero. 


system that produces harmonic distortion, the distor- 
tion products can appear within one or more of the 
FFT’s filters and be recorded as part of the system’s 
response (Fig 7). 

Distortion products can also affect the FFT process 
when you use a pseudorandom signal as a stimulus. You 
can characterize this pseudorandom signal as a summa- 
tion of discrete sine waves, each of which is tuned to the 
center frequency of a unique filter. If you separate the 
response in each filter into the portion of the response 
that results from the intended stimulus (the desired 
response) and the portion of the response that arises 
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from a harmonic product of a lower frequency, you'll 
never see a change in the relationship between the 
desired response and the distortion product from mea- 
surement to measurement. Therefore, even if you were 
to average the results of several measurements, you 
wouldn’t reduce the effect of the nonlinearity on the 
measurement (Fig 8). ‘ 

A random stimulus, however, eliminates this distor- 
tion-induced problem by letting the nonlinear portion of 
the response in each filter decay to zero with averag- 
ing, even if the nonlinearity is a fixed spur at the center 
frequency of a filter. A swept-sine-wave stimulus 
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An FFT analyzer uses two channels to 
compare input and output and emulates 
hundreds of bandpass filters to provide com- 
plete coverage of an entire spectrum. 


doesn’t permit such averaging. The explanation of 
distortion phenomena leads directly to the topic of noise 
reduction. 


Noise reduction in SFAs and FFTs 


The noise-reduction process of SFAs is fairly 
straightforward. If you increase the integration time in 
each channel, the analysis bandwidth in each channel 
becomes smaller and smaller while remaining centered 
on the frequency. of the stimulus. As the bandwidth 
becomes smaller, the noise power (of the measured 
system) within the filter lessens. Moreover, any spurs 
close to the center frequency become located farther 
down the stop band of the analysis bandwidth until they 
receive sufficient rejection. 

The only type of distortion that can’t be rejected is a 
spur that has the same frequency as the stimulus and 
that maintains a constant phase relationship with the 
stimulus. In this case, the spur is said to be coherent 
with the stimulus. A key aspect of this type of noise 
reduction is that the noise in each channel is reduced 
before the gain and phase relationship (ie, the frequen- 
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cy response) between channels is calculated. 

The FFT process makes two types of noise reduction 
available: time averaging (a form of linear averaging) 
and power-spectrum averaging. Time averaging is very 
similar to the SFA’s averaging process in that it im- 
proves the S/N ratio of the signal in each channel before 
the frequency response is calculated. The time-averag- 
ing method gathers the samples of the signal normally 
considered by the FFT into blocks of data called time 
records, and then averages the time records. 

To keep averaging from reducing the signal of inter- 
est, you must make sure that the signal is a periodic one 
(such as the pseudorandom signal mentioned above) 
and that the phase of the signal is the same in each time 
record. You must also supply a trigger signal to the 
analyzer to indicate when data collection should begin. 


Power-spectrum averaging 


The second, and more commonly used, form of noise 
reduction in FFT measurements is power-spectrum 
averaging. The fundamental difference between this 
technique and time averaging is that relatively little 


CALCULATED 


ACTUAL 
FREQUENCY RESPONSE 


RESPONSE 


Fig 9—If you average frequency-response calculations, you can use random noise as a stimulus. The stimulus-response relationship 
remains constant, while the noise contribution in both channels averages to zero. The averaged frequency response thus converges in a linear 


representation of the system's frequency response. 
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noise reduction occurs in each channel. Instead, the 
method removes noise by averaging frequency-re- 
sponse data from each measurement. 

The benefit of this noise-reduction technique is that it 
doesn’t matter how much the stimulus signal differs 
from one measurement to the next, as long as the gain 
and phase relationship from measurement to measure- 
ment remains the same. You can thus use random noise 
in an averaged measurement. 

For example, assume you allow the random-noise 
stimulus to maintain the same frequency components as 
the pseudorandom-noise signal discussed earlier, but 
let the phase of the discrete sine waves vary randomly 
(a poor representation of random noise, but useful for 
this example). In this case, the stimulus signal within 
each filter will have a different phase orientation in 
each measurement. 

If you were to examine a filter whose output is 
composed of a linear response to the intended stimulus 
signal and a nonlinearity-induced harmonic product, 
you'd see a change from measurement to measurement 
in the relationship between the linear response and the 
harmonic. The disparity exists because the phase of the 
harmonic’s fundamental and the intended stimulus 
would have changed between measurements. 

If, over several measurements, you examine a vector 
representing the computed frequency-response data for 
each measurement, you'll see that the distortion prod- 
uct appears as a vector that rotates about the end of a 
stationary frequency-response vector (Fig 9). When 
you average several frequency-response vectors, the 
contribution from the distortion product falls to zero. 
The averaged frequency-response vector thus gives 
you the best linear estimate of the device’s frequency 
response. If you use a random-noise stimulus in this 
type of averaging scheme, you'll find that even a spur at 
the center frequency of a filter would be noncoherent 
with the stimulus and would average to zero. 

Although power-spectrum averaging, combined with 
a random-noise stimulus, reduces the effects of all 
forms of distortion products from a measurement, you 
wouldn’t benefit from using power-spectrum averaging 
with a periodic stimulus. Using a periodic stimulus 
would allow distortion products to be coherent with the 
stimulus, so they’d be unaffected by averaging. Fur- 
ther, certain control-system measurements don’t allow 
the use of power-spectrum measurement. 

The FFT analyzer is always better than a swept- 
frequency analyzer for measuring a basically linear 
system with poor to good S/N conditions. Both analyz- 
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If you don’t understand the differences in 
the ways an FFTA and an FRA effect 
measurement-noise reduction, you could 
misuse the FFTA. 


ers (FFTA and SFA) will provide the same response, 
but the FFT process will provide it much more quickly. 


The SFA, on the other hand, gives you the best possible. 


S/N ratio, so it’s more suitable for use in difficult 
measurement situations. Having both techniques avail- 
able is clearly preferable, as in a DSA, so you can use 
them to handle different measurement problems. EDN 
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DSAs allow you to use three separate caren Ka 

measuring the open-loop frequency response Of a) 
cased oo system: the loop-open direct, method, thef a 
loop-closed direct method, and the loop-closed caleu- 
lated method. In the loop-open direct method Fig 1), i 
which is defined by the expression BGw/EGa), you 
open the loop by removing the summing junction from 
the system. You then inject a stimulus signal at point 
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Fortunately, you ean often avoid overdrive by using a 
DSA’s monitoring functions. The monitoring functions 
provide source-level control that can vary the stimulus 
level to maintain a specified input level to either 
channel of the analyzer. 

You must pay attention to the system’s loading 

conditions. To obtain a measured frequency response 
that’s an accurate representation of GH(jw), you must 
make sure the open-loop system is loaded with the same 
impedances during testing that will exist when the loop 
is closed. : 
: You must also avoid system saturation, the condition 
in which the output at B(jw) gets stuck at the maximum 
output level when you open the control loop. Such a 
condition is often caused by the reaction of extremely 
high loop gains to very small de offsets—or to integrat- 
ing components that naturally accumulate stray de 
levels—in the absence of the countering effects of 
negative feedback. When system saturation occurs, you 
must abaridon the loop-open direct technique. 

Finally, you must avoid loss of operation (ie, system 
disruption to the point of failure), which can occur when 
you open the system's control loop. For example, con- 
sider a disk drive’s read/write-head-positioning system 


Fig 1—To take a loop-open direct measu: 
‘ J rement, you remov 
signal at E(jw) and record the system’s response be Bijw). : 
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and the magnetic interface between the head and a_ 
prerecorded track on the disk platter. If you open the” 
loop, you won't be able to maintain the interface so that 
it stays within normal operating conditions. If you stop 
the disk so that you can position the head over a track 
on the disk, the magnetic interface will disappear. If 
you rotate the disk, the slightest off-center condition g 
will cause the head to skip across several tracks. Even 
the weakest stimulus signal will cause a similar effect. 


You simply can’t test such a system with the loop open, ©” 


For a system that’s suitable for loo’ nm di 
testing, you should preferably use the Dan's Fre 
function with a nonperiodic stimulus signal. The FFT 
function works well because it yields good signal-to-_ 
noise, performance and because, when you use a 
nonperiodic stimulus, the DSA allows you to average 4 
out distortion products. Further, the FFT function’s 3 
speed can greatly reduce the total measurement time. ib 
When you use a nonperiodic stimulus to reduce the _ 
effects of system noise, you must use power-spectrum Ps 
averaging. a 

The loop-closed direct method, which is defined by 
the transfer function Y(jw)/Z(jw), uses the connection | 
shown in Fig 2. The technique is a common one for A 

& 


7 ee 
CHANNEL 1 Sm CHANNEL 2 
|. @—oVvER RANGE—o 
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the summing junction from the closed-loop system. You then inject a stimulus 4 
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testing systems that can operate stably, though possi- 
bly at a reduced performance level, with the control 
loop closed. You can also use this technique to perform 
maintenance tests on established control systems, as 
well as to initiate testing of new systems. 

When you test a new system, you should reduce its 
loop gain to a level that’s low enough to ensure loop 
stability. If the tests verify the system design, you can 
increase the gain to standard operating levels and then 
retest the system. To perform the loop-closed direct 
test, you must monitor the signals that enter and exit 
any summing junction within the main signal path of. 
the control loop. As long as you don’t need to test the 
control loop in the presence of actual operating signals 
at the reference input, you can use the negative- 
feedback summing junction. 

When you do need to test the control loop in the 
presence of actual operating signals at the reference 
input, or when the system’s feedback summing junction 
is inaccessible (for example, when the head-to-disk 
magnetic interface of a disk drive is the system’s 
feedback summing junction), you must add a summing 
junction at some other point in the control loop. Note 
the summing junction added between the two forward 
blocks, G; and Gp, in the closed-loop system in Fig 2. 
(See box, “Create summing junctions.”) 

In the loop-closed direct method, you inject a stimu- 
lus signal into the loop at point SGw) and monitor the 
signals at points Y(jo) and Z(jw), the inputs and 
outputs of the summing junction. In this method, the 
signal at point Z(jw) is the reference signal. Assuming 
that all the energy in the loop derives from the stimulus 
signal S(jw), solving for the signals at Y(Gw) and Zw) 
in terms of S(jw) produces the expressions 


ee = GG Hu) 
Y¥Qo) = SG“ > G.G.HGa) 


and 


. 


: F al ; 
2030) = SOT GGHGe) | 


which is a reasonable assumption to make after you've 
used averaging to reduce noise. If you take the ratio of 
Y(jw)/Z(jw), you obtain the equation 


Y¥(jw)/Z(jw)=-GiG:HGo), 


which is the negative of the open-loop frequency re- 
sponse for the system. (The negation, the result of 
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The measurement technique you choose to 
derive the open-loop response of your closea- 
loop system depends on the system’s stability 
and nodal accessibility. 


including the negative feedback in the measurement, 
represents an additional 180° phase shift in the frequen- 
cy response.) Some test instruments provide you with 
either waveform-math capabilities or a calibration con- 
stant to remove the additional phase shift. ; 

The loop-closed direct technique is a practical one for 
measuring the frequency response of any system that 
can operate, at least minimally, when the loop is closed. 
In such systems, the loop-closed direct method avoids 
the problems of changing loading conditions, system 
saturation, and loss of operation that you encounter 
when you use the loop-open direct method. 

Note, however, that when you use the loop-open 
direct method, you can’t use power-spectrum averaging 
(the standard form of averaging of a DSA’s FFT 
function) to reduce measurement noise. If you attempt 
to do so, you'll almost always get the wrong frequency- 


response measurement. Worse, increasing the number ~ 


of power-spectrum averages will only reduce the vari- 
ance of the erroneous result, so the measurement will 
appear to converge to a valid one. 3 BN 

You can’t use power-spectrum averaging because any 
signals within the system not directly related to the 
stimulus signal (including system noise and any signals 
applied to the reference input) would pass through the 
summing junction unaltered. The signals would, there- 
fore, appear in both channels and maintain constant 


gain and phase relationships (predictably 0 dB and 0°) : 


from measurement to measurement, making it impossi- 
ble to average them out. And unless you were to 


compare your measurement with a known-good mea-_ 


surement, you probably wouldn’t notice the error. — 

In any case, a DSA’s signal-processing function re- 
moves (from each channel) the nonstimulus-related 
signals in the loop before the DSA calculates the 


frequency response. The DSA can be operating either : 


in its SFA (swept-frequency analysis) mode or its FFT 
mode (using time averaging and a periodic stimulus). If 
coherent distortion products exist in the nonstimulus- 
related signals, however, the SFA mode is generally 
the preferred one. frat af Gilt 


Loop-closed calculated measurement 

The transfer function for the loop-closed calculated 
measurement technique (Fig 3) is Y(jw)/SGw). This 
method resembles the loop-closed direct method except 
that here the DSA uses the applied stimulus, instead of 
the signal at Z(jw), as the reference signal. With the 
loop-closed calculated method, however, you can use an 
FFT’s power-spectrum averaging mode (and, there- 
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If a system’s feedback summing junction is 


inaccessible, you can také response measure- 
ments by adding a summing junction at 
another point in the control loop. 


DYNAMIC SIGNAL ANALYZER 
SOURCE 


Fig 2—You can use the loop-closed direct measurement method onl 
technique is useful for negative-feedback systems that need periodic 


fore, you can use random noise) to reject system noise 
and provide the best linear estimate of a system’s 
frequency response. 

You can use random noise because the stray noise in 
the system appears in only one channel. If you average 
the relationship between the monitored signals, there- 
fore, eventually the variation (caused by stray noise) in 
that relationship will drop to zero, as long as the stray 
noise is not phase-coherent with the stimulus. 

The loop-closed calculated technique doesn’t limit 
your selection of an analysis tool. You can use either 
SFA or FFT analysis with either time or spectrum 
averaging; for FFT analysis, you can thus use both 
periodic and nonperiodic stimuli. 

The loop-closed calculated method differs from the 
loop-closed direct method mainly in that, in the loop- 
closed calculated method, the ratio Y(jw)/S(jw) does not 
directly provide the open-loop frequency response, 
G,G.H(jw). When you use the equation 


* : G,G,H(jw) Me 
4 . 
Y(jw) Soi > GGHGe) + GiG:HGa) 


to solve for Y(jw)/S(Gjw), and then declare the result to 
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y for systems that are stable in the closed-loop configuration. The 


be the quantity T(jw), you obtain 


BRD ARNE PL me IO” 


G,G,H(jw) 


Y(jw)/S(jw) = T+ G.G:HGo) ~ T(jw) - 


If you solve for G,G,H(jw) from this measurement, you 
obtain ; 


ese 


T(jw) 


GiGHe) = 7 Tal 


AOS EL ice 


Using graphical techniques to perform these calcula- © 
tions would be impractical. DSAs’ waveform-math func- ~ 
tions, however, perform these calculations automatical- — 
ly. In fact, some of these instruments offer the — 
TQGw){1-TGw)] calculation as a_ single-keystroke 
operation. ; 

The primary disadvantage of the loop-closed caleu- 
lated technique is that, theoretically, it limits the © 
maximum gain of the open-loop frequency response 
that you can calculate (from the Y(jw)/SGw) measure- 
ment) to the dynamic range of one channel of the 
analyzer. When you measure a signal with a sampling — 
instrument, the instrument’s dynamic range is directly ~ 


=r 
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Create summing junctions 


To put an electronic summing 
junction into a control loop, you . 
can use two basic approaches. 
You can either add new circuitry 
to the loop to realize the sum- 
‘ming junction (Fig A), or you 
can use an existing buffer ampli- 
. fier (Fig B). In the first ap- 
proach, you can calculate the 
open-loop frequency response 
ria the measured transfer 
functions Y(Gjo)/ZGw) and » 
~ Y(jw)/SGw): eae Mt os 


YGo) _ _ G.G.H jo); 
¢ @) : 


= (jo). 


TG ae ig A—Thi i pical tion for adding a summing junction to a 
T(jo) Geauingite As cretcon,cllowre pou to ns tae tasourotients of YOGOUE(Gu) Sd ¥(ju /S(Gew) im 
Ls Tie) s ta) Aba conjunction with a DSA to calcwkate the system's open-loop frequency response. 

sa 7 = ~ , Tr 


re 4 1 G,G,H§jo) = 


ie 


__ When you're using an existing 

_ amplifier (Fig B) to make a 
Y(jw)/S(jw) measurement, you ~ 

~ must account for both the gain 

* of the amplifier and the fact that 

" polarities between the YGjw) and ~ 

~ SGw) legs of the summing junc- 

_ tion now match. The following — 
equations account for these fac- 
tors: on 


a Yo) Se Pe aa 
© Zijo) a raed dah 


EXISTING SYSTEM 


ede 


Y(jo) | — GGHGo) yy 
S(jo) ~ Ri + GiGHGe) ‘abagd 


In all cases, the amplifiers 
used to implement the summing 
junction should have bandwidths , 
much greater than the band- 


width of the control system, and Fig B—You can take advantage of an existing amplifier in a control loop by simply 


i i ifier’: ing ji i ing this technique, you 
ve flat fre- ting a resistor to the amzlifier's summing junction. Using th 
ee ner cea AA the Yoke YGun'Z(jo) and Y(jo)S(jw) measurements and use the DSA’s waveform-math 
ean aacak th tide m. function to calculate the system's open-loop frequency response. 
bandwidth of the system. : 
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Loop-closed direct testing is practical for sys- 
tems that are stable in closed-loop connec- 
tion, and it avoids the problems of loop-open 
direct testing. 


related to the number of bits of the sampling A/D 
converter. j 

In practice, several factors prevent you from reach- 
ing even the theoretical limit. For example, if the noise 
power in the system is much larger than the power of 
the signal of interest, you must adjust the input sensi- 
tivity of the A/D converter to handle the noise. This 
reduced sensitivity leaves fewer bits of the A/D con- 
verter available for resolving the signal of interest. 

Mismatch between the input channels of the analyzer 
can also severely limit the accuracy of the measure- 
ment. Unfortunately, the mentioned limitations will not 
create an obvious distortion of the calculated gain. They 
may simply produce an unexpected flat region of the 
open-loop gain in portions of the curve that have very 
high loop gains. 


Design and modeling 

Although you develop different control systems dif- 
ferently, you can separate most development into two 
categories: analytical design and design using frequen- 
cy-response manipulation. Analytical design is useful 
for determining the performance of large, expensive 
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systems that must work the first time. In this method, ~ 
you find the location of the specific poles and zeros of 
each system component and use frequency-response ~ 
data and known properties of the system components to _ 
help identify those poles and zeros. Once you know the 
pole/zero locations, you can calculate the system’s per- — 
formance from the models. or 
Frequency-response manipulation is useful for im- — 
proving the system’s performance. In this technique, ~ 
you must either alter the components so that their — 
pole/zero locations change or add compensation net- I 
works to provide the poles and zeros necessary to Fy 
generate the required performance. To use this pole/ 
zero-manipulation process, you must work with mathe- 
matical representations of the system and obtain accu- 
rate models of the system and its components. j 
When you add compensation networks, however, you 
don’t need to know the exact location and cause of each — 
pole and zero. Instead, you characterize the system 
completely by its open- and closed-loop frequency re- 
sponses. You add compensation networks whose fre- £ 
quency responses will constructively change the sys- 
tem’s overall frequency response. In effect, this ? 


CHANNEL 1 8 CHANNEL 2 
_.@—OVER RANGE—@ 
@— HALF RANGE—® 


¥(jw) * G) 


Fig 3—Loop-closed calculated measurement takes advantage of the FFT function's power-spectrum averaging mode. This mode of : 
measurement, when used with a random-noise stimulus, provides the best possible linear estimate of a closed-loop system’s frequency 
response. A DSA's waveform-math capability helps you interpret the results you obtain with this measurement method. & 
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approach lets you quickly calculate both the frequency 
response of a compensation network and the network’s 
effect on the system. 

The analytical-design and frequency-response-ma- 
nipulation techniques are similar; the first is simply 
more concerned with designing with accurate analytical 
models (typically because of the lack of actual hard- 
ware), and the second is more concerned with the 
measured response of a system. 

Typically, you can generate models in two different 
ways. First, if you have complete knowledge of a 
device’s physical characteristics—such as its mass, fric- 
tion levels, resistance, and other parameters—you can 


-wo (NT ETT ET 
0.05 Hz 


CURVE FIT 


CURVE FIT 
- POLES AND ZEROS 


; POLES 3 ZEROS 1 


1 -0.59983 
2 -3.27977+j4.19772 


TIME DELAY=0.0 SEC GAIN=-10.83 SCALE=1.0 


Fig 4—A DSA’s curve fitter has an automatic weighting function, 
which allows the instrument to fit noisy data without jucing 
inconsequential poles and zeros. The DSA displays the system's 
estimated frequency response below the measured data (a). The 
edit-table key makes the DSA produce the table of poles and zeros (b) 
used in the estimate. 
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Fig 5—Based on the pole-zero data in a synthesis table, a DSA 
generates the compensation network's response (trace B). 
Using waveform math, the DSA multiplies this response by the 
system's open-loop response (trace A); the results are the gain and 
phase plots for the compensated system. 


——— 
In loop-closed calculated measurement, a 
DSA?s FFT function provides a linear esti- 
mate of a system’s response. 


derive a model with them by using Lagrange’s equa- 
tions and other equations. If you don’t know the de- 
vice’s physical characteristics, however, you can mea- 
sure its frequency response and estimate the poles and 
zeros required to produce that response. When you’re 
developing a system, you'll often have to use both of 
these techniques: ~~ - : 

The most common technique for estimating the poles 
and zeros required to generate a particular frequency 
response is to examine a frequency response plotted on 
a Bode diagram (Ref 1) and determine the Q of 
resonances, the slope at which the system’s gain rolls 
off, and the amount of phase shift through the system in 
relation to the gain slope. Once you master the tech- 
nique, you can derive an estimate of the mathematical 
model for a simple system at a glance. 

Using these techniques to estimate the model of a 
complex system, however, is not easy. For systems 
with many dominant complex poles, the task of analyz- 
ing gain and phase relationships is tedious and cumber- 
some, and it may result in inaccuracy, because you can’t 


Fig 6—This simple motor-speed controller has all the elements ofa 
negative-feedback, closed-loop system. The system provides an exam- 
ple of how you can exploit a DSA’s Srequency-response synthesis and 
waveform-math functions. 


s 
| PREAMPLIFIER MOTOR 


Fig 7—To perform operational testing at reduced gain Sor the 

normally unstable speed-control system, you add a summing june- 

tion at a point in the system before the Preamplifier. This test uses the 

eee calculated technique (Fig 3) to obtain a Y/S transfer 
nection. 
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Fig 8—A sharp resonance at 90 Hz is evident in this open-loop 
frequency response obtained from Fig 7’s Y/S measurement. The 
resonance stems from an excessively long drive shaft between the 


motor and its load. 
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Fig 9—When you use the DSA’s Y-axis marker to show the 
system’s 0-dB level during normal i 


operation 
resonance causes the system to become unstable when gain is 
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adjusted to the desired level. For stability, the system’s gain must not 


exceed 0 dB when phase is more negative than — 180°. 
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easily sort out the overlapping gain/phase relationships 
of the many poles and zeros. 

* Historically, computer programs called curve fitters 
could automatically analyze a frequency response and 
produce a pole/zero model. These curve fitters, howev- 
er, could not distinguish between good data and bad, or 
noisy, data. If the data was bad, you either had to alter 
it to remove noise before transferring the data to the 
computer, or you had to wade through a great deal of 
inconsequential pole/zero data, which the curve fitter 
generated to fit the noisy portion of the curve. The 
computer programs were, therefore, of limited value to 
designers. 


COMPENSATION 


NETWORK 


Algorithms called weighting functions improved the 
usefulness of curve fitters by allowing the computer to 
analyze the quality of the data before attempting to fit 
it. Because of these weighting functions, modern curve 
fitters can successfully process the noisy frequency- 
response data associated with most control-system 


measurements, -so- they -can -quickly and accurately -—---- 


produce an estimate of a system’s pole/zero model. 
. DSAs contain state-of-the-art curve fitters that are 
capable of using as many as 40 poles and 40 zeros to 
estimate the pdle/zero model of a frequency response. 
In a DSA, you can call up the curve fitter with only two 
keystrokes. When the curve fit is done, the DSA 


PREAMPLIFIER 


Fig 10—A lowpass filter counteracts the resonance arising from the motor’s long drive shaft. Without the filter, the 90-Hz resonance causes 


instability when the system operates at its normal gain setting. 
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Fig 11—The DSA’s frequency-response-synthesis function uses pole-zero data and waveform math to create the lowpass filter's response 
curve, which is displayed above the speed-control system's frequency response. 
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A DSA simplifies the task of determining 
the proper compensation network needed to 
stabilize closed-loop control systems. 


calculates a frequency response from the model and 
displays that frequency response below the measured 
frequency response for comparison (Fig 4a). Another 
keystroke displays the table of poles, zeros, and gain 
(Fig 4b) that the curve fit produces. 

After you estimate the model of a system or a 
compensation network, you must calculate the model's 
frequency response. If you do this calculation manually, 
you should use Bode’s. graphical techniques. If you use a 
DSA, however, you can obtain a higher degree of 
accuracy for both simple and complex systems. 

A DSA’s frequency-response-synthesis program per- 
forms the inverse function of an advanced dedicated 
curve fitter, allowing you to enter transfer functions 
that have as many as 40 poles and 40 zeros into the 
analyzer. The DSA then calculates and displays the 
frequency response. The programs also allow you to 
enter gain and delay parameters. 

The frequency-response-synthesis function lets you 
immediately assess the effect a cascade compensation 
network will have on your system. By displaying the 
measured frequency response of a system on one trace 
and the synthesized frequency response of a compensa- 
tion network on another, the DSA lets you make either 
a quick visual evaluation or a precise calculation of the 
combined frequency response of the two (Fig 5). (To 
make a precise calculation of the responses, you multi- 
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Fig 12—To obtain these curves, which are products of the responses 
of the system and the lowpass filter, you use the DSA’s waveform- 
math function to perform the multiplication. The curves indicate 
that the use of the filter stabilizes the speed-control system. 
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ply the two frequency responses using the DSA’s = 


waveform-math function). 


Because curve fitters generate only linear models, % 
the result of the curve fit will be a linear approximation © 
of the device’s operation. Should a nonlinearity (other © 
than random noise) produce a large number of poles and © 
zeros, you can reduce the order of the model by simply 7 
transferring the curve-fit data to the DSA’s frequency- © 
response-synthesis function and selectively subtracting © 


or adding poles and zeros to obtain the best model (with 
the fewest poles and zeros). 

You can then quickly assess the effects of your 
modifications by synthesizing the frequency response of 
the new model and comparing it with the measured 


response. The initial estimate provided by the curve © 


fitter and the modifications handled by the frequency- 
response-synthesis function greatly reduce the time 


required to produce an adequate linear representation. 


A case study 
The system in Fig 6 provides an example of how you 


can use frequency-response synthesis and waveform ~ 
math to develop a relatively simple motor-speed con- 


troller. We constructed a prototype of the system and | 


found, upon power-up, that the motor’s speed was ~ 


unstable. 


Reducing the gain of the preamplifier by 8 dB stabi- — 
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Fig 13—To check the design of the lowpass filter, you can compare 
the filter's measured (upper trace) and theoretical (lower trace) 
frequency responses. 
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New Probeye Series 3000 TVS 


Now you can geta 
better thermal image— 


but youll have toaccept 
a trimmer package and a lower price 


New Series 3000 TVS from the world's largest producer of 
infrared equipment combines a sharper infrared image with 
the flexibility to go wherever thermal imaging is needed. 
Improved display resolution (200 lines) 
and superior RGB color output provide 
acrisper, more definitive picture of heat 
patterns in 16 distinct colors. 
Lighter, more compact components plus 
wireless remote control operation get to 
more places, let you analyze thermal pro- 
blems from a distance. 
Third generation Series 3000 offers 
temperature coverage from —20 to 1500 
degrees Celsius and with temperature reso- 
lution as fine as 0.1 degree Celsius. 
Microprocessor control features include 
user-selectable viewing options, direct real- 
time temperature readout and generation of 
graphics and alphanumerics. 


The lower price includes more 
standard features than any other 
system existing today. In addition, 

you have a choice of desktop 10-inch 
monitor or compact 3-inch monitor plus a 
selection of quality accessories for 
specialized needs. 

For more information or for a hands-on 
demonstration, write or call today. Hughes 
Aircraft Company, Probeye Marketing, 
6155 El Camino Real, Carlsbad, CA 92008. 
Phone 619/931-3617. 
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Fig 14—The frequency response of the compensated speed-control 
system shows that the lowpass-filter compensation network com- 
pletely stabilizes the system. The DSA gives direct readouts of gain 
margin and phase margin. 


lized the system, but degraded its performance below 
acceptable levels. While the system was at the reduced- 
gain level, we measured the open-loop frequency re- 
sponse by adding a summing junction to the system just 
before the preamplifier (Fig 7) and by using the loop- 
closed calculated (Y/S) measurement technique. Fig 8 
shows the open-loop frequency response calculated 
from the Y/S measurement. 

The measurement revealed a sharp resonance at 


approximately 90 Hz. When we placed the Y-axis” 


marker at —8 dB to indicate the unity-gain (0-dB) 
location during normal system operation (Fig 9), we 
saw that the resonance did indeed cause the system to 
become unstable when gain was adjusted to the desired 
level. 

The source of the resonance was a relatively long 
drive shaft attached between the motor and the antici- 


pated system load. Redesigning the system would be - 


too expensive, so we decided not to alter the drive 
shaft, but to find an electronic solution. 

Because the problem was occurring at a relatively 
high frequency, we added compensation to the system 
in the form of a lowpass filter (Fig 10). Using the DSA’s 
frequency-response-synthesis function, we entered the 
pole locations for a simple lowpass filter into the analyz- 
er and synthesized and displayed the frequency re- 
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The curve-fitter function in a DSA auto- 
matically analyzes a system’s frequency re- 
sponse and produces a polelzero plot. 
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Fig 15—A final check on the speed-control system shows that the 


system's measured frequency response (upper trace) closely matches 
the response predicted (lower trace) by the DSA’s frequency-response 


synthesis and waveform-math function. 


sponse above the system’s measured frequency ‘re- ; 


sponse (Fig 11). 


By using its waveform-math function to multiply the © 


two frequency responses, the DSA predicted the effect 


of adding the lowpass filter to the system’s loop. Fig 12 § 


shows the gain and phase of the modified system. The 
predicted response of the modified system indicated 
that the lowpass filter would be a good solution to the 


resonance problem, so we constructed a prototype of | 


the filter. 
To ensure that the design was correct, we measured 


and compared the frequency response of the filter ~ 
prototype to its synthesized frequency response (Fig : 


13). Once we had confirmed its design, we added the 


. filter to the system and increased the preamplifier’s 


gain by 8 dB to its previous level. The system remained 
stable, but we measured the open-loop frequency re- 
sponse again to make sure that the gain and phase 
margins were sufficient to maintain stability. 

The measurement indicated that the resonance had 
indeed been attenuated far below any level of concern 
and, using the analyzer’s markers, we quickly recorded 
the gain margin, phase margin, and open-loop band- 
width (Fig 14). To evaluate the integrity of the design 
approach, we compared the measured open-loop fre- 
quency response of the modified system with the pre- 
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from freezing to scorching. 


The new Fluke 52 goes to great 

extremes to outperform any other 

handheld thermometer. ; 
With extra features, like our exclusive 


SCAN mode. Touch the button, and your Fluke 


52 sequentially scans the readouts of two 
temperature inputs, and their difference. 
Hit the RECORD button, walk away, and 


record the minimum and maximum from any 


one of these three channels for up to 1,200 
hours. For troubleshooting intermittent 
problems, overnight monitoring, inlet/outlet 
servicing, and comparing trend information, 
it can’t be beat. , 

If you don't need the scanning and record- 
ing features, you may prefer the single-point 
Fluke 51. Like the 52, it's easy to use, offers 
unsurpassed 
of a degree, and can use any K or J type 
thermocouple probe to fit your application. 

Even the warranty goes to great extremes: 
three years on parts and service — the longest 


accuracy with resolution to 1/10th 


in the industry. And prices start as low as $119. 


But you don’t have to go to extremes to 


one. ; : 
Just contact your local supplier now for 


immediate delivery. .. 
Or for more information, call toll-free 


4-800-227-3800, Fext. 229. From outside the 


U.S. call 1-402-496-1350, Ext. 229. 
FROM THE WORLD LEADER IN 


HANDHELD TEST INSTRUMENTS. - 


Fluke 51 Single Input Fluke 52 Dual Input 


Measurement K-type: — 200°C to +1370°C (—328°F to +2498°F) 
“a Noe — 200°C to +TOO°C (—328F 0 + 


Reouracy. K-lype is =(0.1% of reading +0.7°C or 13°F) 
hots risa +0.8°C or}. 
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Military Aides 


. The only complete line of Mil Qualified 
Fault Indicators. 

; Magnetic latching type indicators require 
only pulse power for fault identification. 
When fault occurs, signal ball, flag or drum 
positively held in magnetic locked position 
without further application of power. 
Family of five indicators are manually or 
electrically resettable, panel mounted or 
designed for PC mount. 

All indicators available in several types, 
most at more than one voltage eval 
Call or write today for complete information 
and freé QPL wall chart. 


Minelco Inc. Talley Industries 
mineLco Talley 


135 South Main Street, 

Thomaston, Conn. 06787-0459 

Phone 203-283-8261 

TWX 710-475-1091 Industries 
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High Performance VME Bus Interface 
* 1/2 inch 9-Track Tape 
+ SCSI Mass Storage 
* Serial Communications 
* More Function In One Slot at a lower Price. 
S feiaepenn cece Annies 


a 


9-Track Tape 

Fast 1 MegaByte transfer rate. 
Compatable with industry stan- 
dard Interface. Will support all 
drives up to G250bpi at 120 ips. 
Continuous read or write. AMD 
9516 DMA Controller. 


Serial Communications 

Two RS-423 Sync/Async Serial 
Ports utilizing a Z8530 Serial 
Controller. SOLC, HDLC, BiSync, 
NRZ, NAZI, and FM encoding 
available. Full clock and modem 
control. Full Interrupt support. 
SCSI Host Adapter Software Support 

High Speed DMA SCSI Inter- Drivers are available for many 
face. NCR-5380 Interface popular Operating Systems. Unix 
Device. Supports Interrupts, drivers available upon request. 


throughput. 
For more information an this or other VME Bus products, contact: 


imc 2430N Huschuca Dr, Tucson AZ 65745 or Call (602) 792-0969 
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dicted response (Fig 15). 

As this example demonstrates, the DSA’s design 
tools let you compare predicted and measured re- 
sponses almost effortlessly, without using data trans- 
fers or plotted data. The DSA’s advanced measurement 
and analysis tools provide a key link. between test, 
analysis, model, and design. EDN 
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Now 68000 computers 
cost less, do more. 


SBE Multibus computers bring out all the _ 
power of the 68000 in a highly adaptable form. 


The M68CPU above runs at 10 MHz, accessing 
512 KB to 8 MB RAM on companion boards. 


This CPU sets a new standard for multi-user, real- . 


time applications. High speed with multi-megabyte 
memory is now possible because SBES unique mem- 
ory management unit eliminates all wait states. 


It contains 32 independent maps for task sizes from _ 


4 KB to 8 MB, permitting rapid real-time task 
switching. 
Our 
M68K10 
runs at 
10MHz, access- 
ing 128 KB to 
1 MB RAM on the 
same board. This CPU 
is an amazingly powerful 
single-board computer for 
communications, process 
control, data analysis, ATE, and other systems 


Multibus, iSBX and Multimodule are trademarks of Intel Corp. 


applications. Contains up to 1 MB of dual-ported 
RAM accessible with no wait states. Has a 16-bit 
counter/timer and a 24-bit parallel port right 

on board. - 


Both fit in almost anywhere. Both are Multibus/ 
IEEE 796 compatible. With two iSBX Multimodule 
connectors. Two multiprotocol serial I/O ports. 
And options like a 68010 in place of the 68000. 


M68K10 boards available from stock in batches 
of 100 for $700. M68CPU’ in batches of 100 for 
$850. We can offer these super competitive prices 
because we manufacture in-house, in volume. 

And we offer on-going software support hard to 

find elsewhere. All from SBE, Inc., 2400 Bisso Lane, 
Concord, California 94520. TWX 910-366-2116. 
(Answer back: SBE CNCD) 

Phone free 800-221-6458 for literature 
mailed today. In California call (415) 680-7722. 


SBE we. 


Microcomputer boards and systems. 


See us at the Electro-Mini Micro Show, Booth #2521 
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